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BACKGROUND 

The present invention relates generally to telecommunications services and more 
particularly to caller identification. 

Telecommunications service providers typically offer services that attempt to provide 
customers with information that enables them to determine whether or not to accept a call before 
answering the call. One service that provides such information is caller identification ("Caller ID 55 ). 
Standard Caller ID services generally provide a customer with an indication of who is calling 
without requiring the customer to answer the call. These systems typically retrieve information 
about the calling party from a database and provide that information to the called party. Customer 
premise equipment (CPE) in the form of a display device is generally used to provide the called 
party with a visual readout of the name and/or telephone number associated with the calling party. 

However, the effectiveness of Caller ID systems can be reduced due to a number of 
different occurrences. One common occurrence that decreases the effectiveness of Caller ID 
systems is the inability of a service provider to provide the standard Caller ID information for a 
particular incoming call. A service provider may not be able to provide the standard Caller ID 
information if the Caller ID information is blocked by the calling party, or if the Caller ID 
information is unavailable or incomplete. When the standard Caller ED information cannot be 
provided, the called party is not adequately informed about who is calling and cannot determine 
whether or not to accept the incoming call before answering the call. Because the effectiveness of 
Caller ID systems is greatly reduced when information cannot be provided, an improved system and 
method for providing caller identification information that overcome these deficiencies are needed. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram of a telecommunications system of a preferred embodiment. 

FIG. 2 is a flow chart of a method of a preferred embodiment for providing enhanced 
caller identification. 

FIG. 3 is a block diagram of a first preferred embodiment of the telecommunications 
system of FIG. 1. 

FIG. 4. is a block diagram of a second preferred embodiment of the 
telecommunications system of FIG. 1. 
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FIG. 5 is a flow chart of a method of a preferred embodiment for providing enhanced 
caller identification using the system of FIGS. 3 or 4. 

FIG. 6 is a more detailed flow chart of a portion the method of FIG. 5. 
FIG. 7 is a more detailed flow chart of a portion the method of FIG. 5. 
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DETAILED DESCRIPTION OF THE PRESENTLY PREFERRED EMBODIMENTS 

By way of introduction, the preferred embodiments described below include a method 
and system for providing a called party with audible caller identification information when 
standard caller identification information cannot be provided. In one embodiment, calls for 
1 0 which standard caller identification information is blocked, unavailable or incomplete are 

prevented from being connected to the called party. Instead of connecting the calls, a request 
q for audible caller identification information is transmitted to the calling party. If the calling 

^2 party provides the requested audible caller identification information, the audible information 

is transmitted to the called party. Caller identification information can thus be provided to the 
eg 1 5 called party when standard caller identification information cannot be provided. 

By way of example, FIG. 1 depicts a system 10 of a preferred embodiment. The 
system 10 comprises a network 20, a called communication station 30 coupled with the 
Si network 20 and a calling communication station 40 coupled with the network 20. The term 

lq "coupled with," as used herein, means directly coupled with or indirectly coupled with through 

v£ 20 one or more components. The network 20 preferably comprises computer usable medium 

having first, second and third computer readable program codes 22, 24, 26 embodied therein. 
It is important to note that while the program codes 22, 24, 26 have been shown as three 
separate elements, their functionality can be combined and/or distributed. It is also important 
to note that "medium" is intended to broadly include any suitable medium including analog or 
25 digital, hardware or software, now in use or developed in the future. " 

The system 10 is preferably implemented in a telecommunications network as known 
to those skilled in the art. Alternatively, the system 10 can be implemented in a computer 
network or any other network that is adapted to transmit, store and retrieve information. The 
calling communication station 40 and the called communication station 30 preferably comprise 
30 analog telephone stations as known to those skilled in the art. According to an alternative 
embodiment, the communication stations 30, 40 can comprise any suitable communication 
station adapted for use in the present embodiments as known to those skilled in the art. 



2 



The system 10 of FIG. 1 can be used to implement the method 100 depicted in FIG. 2. 
When the calling party at the calling communication station 40 places a call to a called party at 
the called communication station 30, the first computer readable program code 22 determines 
whether standard caller identification information associated with the calling communication 
station 40 can be provided to the called communication station 30 (step 110, FIG. 2). As used 
herein, the term standard caller identification (Caller ID) information means the information 
associated with a calling communication station that is typically stored in a database and 
automatically retrieved and provided to a called party as known to those skilled in the art. If it 
is determined that standard caller identification information cannot be provided, the second 
computer readable program code 24 transmits a request for audible caller identification 
information to the calling communication station 40 (step 120). As used herein, the term 
audible caller identification information means audible information provided by the calling 
party in response to a request for such information. If the calling party provides the requested 
audible caller identification information, the third computer readable program code 26 
transmits the audible caller identification information to the called communication station 30 
(step 130). After receiving the audible caller identification information, the called party can 
decide whether to proceed with the call or cancel the call (step 140). 

By way of further example, FIG. 3 depicts a preferred embodiment of the system 10 
described above. The system 200 comprises a service switching point (SSP) 220, a signal 
transfer point (STP) 230, a service control point (SCP) 240, a first SCP database 242, a 
second SCP database 244, a service node (SN) 250, a central office 260, called telephone 
station 222 and calling telephone station 262. Intelligent network system components, 
commonly referred to as advanced intelligent network (AIN) components, suitable for 
implementing the present embodiment are commercially available from several vendors and are 
known to those skilled in the art. AIN components can implement computer readable program 
code as known to those skilled in the art. Vendors of AIN components typically have a 
preferred programming language and operating platform as known to those skilled in the art. 

SSP 220 preferably comprises an AIN switch that routes calls, recognizes and responds to 
triggers, generates queries to obtain call information and responds to returned call information. 
SSP 220 connects called telephone station 222 with central office 260 to enable a calls to be placed 
between called telephone station 222 and calling telephone station 262. SSP 220 preferably 
communicates with SCP 240, central office 260 and SN 250 by utilizing a signaling protocol such 
as Signaling System 7 (SS7) or other such signaling protocols as presently known to those skilled 
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in the art or developed in the future. SSP 220 preferably generates queries to SCP 240 and 
receives and responds to responses to the queries returned from SCP 240. 

STP 230 preferably comprises a network element that transfers signaling communications 
in response to signaling protocols such as SS7 or other such signaling protocols as presently known 
to those skilled in the art or developed in the future. STP 230 preferably transfers queries from 
SSP 220 to SCP 240 and transfers responses to the queries from SCP 240 to SSP 220. 

SCP 240 preferably comprises an AIN element that stores call information and receives and 
responds to queries. SCP 240 preferably stores call control information in the first SCP database 
242 and can access the stored call control information. SCP 240 also stores standard caller 
identification information in the second SCP database 244 and can access the stored caller 
identification information. SCP 240 receives queries generated by SSP 220 and preferably 
responds to the queries by performing database searches to locate the requested call control 
information or caller identification information as known to those skilled in the art. SCP 240 can 
forward the call control information or caller identification information to SSP 220. 

SN 250 preferably comprises a network element that enables communications between 
telephone stations 222, 262 and the network. SN 250 can preferably transmit messages to and 
receive responses from telephone stations 222, 262. SN 250 can generate announcements that can 
be transmitted to telephone stations 222, 262. SN 250 can transmit responses such as audible caller 
identification information from telephone station 262 to telephone station 222 by connecting 
telephone stations 222, 262 or by recording and playing back the responses as known to those 
skilled in the art. The announcements transmitted to telephone station 222 preferably comprise 
accept and reject options along with requests for input from the telephone station 222. The 
requests for input preferably comprise requests for input that can be used by SN 250 to cancel calls 
to telephone station 222, connect calls to telephone station 222, forward calls to a voice mail 
system or another location such as another telephone line, and transmit messages to telephone 
station 262. As used herein, the term voice mail system means all types of message recording 
systems as known to those skilled in the art. SN 250 can preferably receive and respond to the 
input transmitted from telephone station 222. The term input means any suitable signal such as 
DTMF tones, voice input, dial pulse input or modem/fax input as known to those skilled in the art. 

Database 242 preferably comprises a data storage element for use with SCP 240 as known 
to those skilled in the art. Database 242 preferably stores call control information that can be 
implemented by SSP 220 to control calls. Such call control information is known to those skilled in 
the art. 



Database 244 preferably comprises a standard caller identification with name database as 
known to those skilled in the art. Database 244 preferably includes the name of the person 
associated with calling telephone station 262 along with the telephone number that is associated 
with calling telephone station 262. Database 244 can alternatively comprise a caller assistance 
database as known to those skilled in the art. While databases 242, 244 are depicted within a 
telecommunications system, databases 242, 244 can comprise any suitable databases containing 
information adapted for use in the present embodiment and are not limited to databases located 
within a telecommunications network. It is also important to note that while databases 242, 244 
are shown as separate components, they can be implemented as a single database. 

Central office 260 preferably comprises an AIN network switch as known to those skilled 
in the art. Central office 260 enables calls to be placed between calling telephone station 262 and 
called telephone station 222. Alternatively, central office 260 can comprise a non-AHNf network 
switch as known to those skilled in the art. 

Telephone stations 222, 262 preferably comprise analog telephone sets as known to those 
skilled in the art. Alternatively, telephone stations 222, 262 can comprise wireless, PCS, ISDN or 
any other form of communication station known to those skilled in the art. Called telephone station 
222 preferably includes CPE equipment for use with caller identification services as known to those 
skilled in the art. 

Referring now to FIG. 4, an alternate embodiment of the system of FIG. 3 is shown. The 
system 280 comprises an SSP 220; a called telephone station 222; an STP 230, an SCP 240; a first 
SCP database 242, a second SCP database 244, a central office 260 and a calling telephone station 
262, all as described above in reference to FIG. 3. The system 280 also includes an intelligent 
peripheral (IP) 290 that communicates with SSP 220 and performs the same functions as the SN 
250 as described herein. 

The systems depicted in FIGS. 3 and 4 can be utilized to implement the method 300 
depicted in FIG. 5. For purposes of illustration, assume that a calling party at calling telephone 
station 262 places a call to a called party at called telephone station 222. In an attempt to connect 
the call, central office 260 routes the call to SSP 220. 

In this embodiment, when the call is routed to SSP 220, a terminating attempt trigger is 
activated (step 310) when SSP 220 attempts to connect the call to called telephone station 222. 
The trigger generates a query that is sent to SCP 240 (step 320). The query preferably includes a 
calling party identification parameter which can include a calling party presentation restriction 
indicator as known to those skilled in the art and requests the return of standard Caller ID 




information. The telephone number associated with the calling telephone station 262 is preferably 
included in the calling party identification parameter of the query as known to those skilled in the 
art. SCP 240 receives the query and determines whether or not the called party at called telephone 
station 222 subscribes to the present service. In response to a determination that the called party 
5 subscribes to the present service, SCP 240 analyzes the information included with the query to 
determine whether standard Caller ID information can be provided to called telephone station 222 
(step 330). 

If the standard Caller ID information cannot be provided, SCP 240 accesses database 242 
to retrieve call control information (step 340) and returns the call control information to SSP 220 
1 0 (step 350). The call control information can be sent to SSP 220 in response to a lead directory 
number that uniquely identifies each SSP as known to those skilled in the art. In response to the 
call control information, SSP 220 routes the call to SN 250 or IP 290 (step 360). When SN 250 or 
Jq IP 290 receives the call, SN 250 or IP 290 generates a request for audible caller identification 

information that is transmitted to the calling telephone station 262 (step 370). The request 
1 H 15 preferably comprises a statement indicating that the called party doesn't accept calls from 

: - 

CO unidentified callers and a request for the calling party to speak his/her name and/or the name of the 

s company that they represent. The request preferably comprises an audible message. Alternatively, 

*1j the request can be displayed on CPE equipment as known to those skilled in the art. If the calling 

P 3 ^ provides an audible response, SN 250 or IP 290 enables the audible response to be 
20 transmitted to called telephone station 222 (step 380). Alternatively, if the calling party does riot 
^ provide the requested information, the call is canceled (step 390). 

The step of determining whether standard Caller ID information can be provided (step 330, 
FIG. 5) preferably comprises the steps shown in FIG. 6. The SCP 240 preferably first determines 
whether standard Caller ID information is unavailable (step 410). The SCP 240 preferably 
25 determines whether the standard Caller ID information is unavailable by determining whether or not 
the calling party identification parameter is present in the query as known to those skilled in the art. 
In addition, the SCP 240 preferably determines whether the standard Caller ID information is 
incomplete (step 420). The SCP 240 preferably determines whether the standard Caller ID 
information is incomplete by determining whether or not the calling party identification parameter is 
30 a valid telephone number as known to those skilled in the art. In addition, the SCP 240 preferably 
determines whether the standard Caller ID information has been blocked (step 430). The SCP 240 
preferably determines whether the standard Caller ID information has been blocked by determining 
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whether or not the calling party identification presentation restriction indicator is set to 
"presentation restricted" as known to those skilled in the art. 

The step of providing the audible caller identification information to the called party (step 
380, FIG. 5) preferably comprises the steps shown in FIG. 7. Preferably, called telephone station 
222 rings (step 5 10) to signify that a call has been placed to called telephone station 222. While 
called telephone station 222 is ringing, a text message can be transmitted to called telephone station 
222 and the text message can be displayed on the CPE equipment at called telephone station 222 
(step 520) as known to those skilled in the art. The text message preferably indicates that the call is 
being handled by the present service and identifies the name of the present service. If the called 
party answers the telephone (i.e. the telephone is off hook), the audible caller identification 
information that was provided by the calling party is transmitted to called telephone station 222 
(step 530). The audible caller identification information is preferably recorded and played 
back to the called telephone station 222 as known to those skilled in the art. Alternatively, 
the calling telephone station 262 and the called telephone station 222 can be connected 
such that the audible caller identification information can be transmitted between the 
telephone stations 262, 222. 

After the audible caller identification information has been transmitted, a message is 
transmitted to called telephone station 222 (step 540). The message preferably includes 
instructions that allow the called party to accept or reject the call by providing the appropriate input 
The message preferably comprises audible instructions that are transmitted by SN 250 or IP 290 to 
called telephone station 222. The accept and reject options preferably comprise, accepting the call 
by enabling the connection of the call to the called telephone station 222, canceling the call by 
disabling the connection of the call to the called telephone station 222, forwarding the call to a 
voice mail system or another location and sending a message to calling party. The message sent to 
the calling party can comprise a request that the called party be taken off a telemarketer's call list. 
Each of these options is preferably invoked when the called party provides the appropriate input. 

In response to input provided by the called party, the SN 250 or IP 290 can process the call 
(step 550). Accordingly, the SN 250 or IP 290 can connect the call, cancel the call, transmit a 
message to the calling telephone station 262 or forward the call to a voice mail system or another 
location in response to the input provided by the calling party. 

In a further alternative embodiment, the present systems and methods can be configured to 
work in conjunction with answering machines and voice mail systems. After the called party 



answers the telephone (step 530, FIG. 7) a message can be transmitted to the called telephone 
station 222 requesting the called party to provide appropriate input to signify that the call is being 
answered by a human. The message preferably comprises an audible message and is preferably 
transmitted to the called telephone station 222 by the SN 250 or IP 290. The input can comprise 
any suitable signal such as DTMF tones, dial pulse input, modem/fax input or voice input as known 
to those skilled in the art. If the called party provides the requisite input, the audible caller 
identification information provided by the calling party can be transmitted to the called party. 
However, if input is not provided within a predetermined amount of time, the audible caller 
identification information is not transmitted to the called party. Instead, the calling party can be 
connected with the answering machine or the voice mail system and the calling party can leave a 
conventional message. The preferred time period within which the input must be received to 
prevent the calling party from being connected with the answering machine or voice mail system is 
three seconds. 

Alternatively, if an answering machine or a voice mail system answers the call, the 
answering machine or voice mail system can immediately transmit a tone input to the SN 250 or IP 
290 to signify that the call is not being answered by a human. In response to the input, the SN 250 
or IP 290 can connect the calling party to the answering machine or the voice mail system and the 
calling party can leave a conventional message. 

In order to connect the calling party with the answering machine or voice mail system as 
described herein, the SN 250 or IP 290 can disconnect from the called telephone station 222 and 
can place a second call to the called telephone station 222 by dialing the telephone number 
associated with the called telephone station 222. This second call can then be answered by the 
answering machine or voice mail system so that the calling telephone station 2:62 is connected to 
the answering machine, voice mail system, or called telephone station 222 and the calling party can 
leave a conventional message. 

In a further alternative embodiment, the present system and method can be configured to 
work in conjunction with standard caller identification services. After the trigger is sent from the 
SSP 220 (step 320, FIG. 5), the SCP 240 can determine whether the called party at the called 
telephone station 222 has subscribed to the present service. If the called party has not subscribed to 
the present service, the call can be handled in accordance with standard Caller ID procedures as 
known to those skilled in the art. In addition, if the SCP 240 determines that the standard caller 
identification information can be provided (step 330, FIG. 5), the call can be handled in accordance 
with standard Caller ID procedures as known to those skilled in the art. 
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In a fixrther alternative embodiment, a party can be connected with the called telephone 
station 222 without having to speak his/her name through the use of a password override system as 
known to those skilled in the art. This can enable the party to, among other things, speak with a 
party at the called telephone station 222 or remotely access any messages left for them and stored 
5 on the answering machine or voicemail system without the party having to speak his/her name as 
required by he present system. The party can place a call to called telephone station 222 from a 
remote telephone station. If the party calls from a telephone station for which standard caller 
identification information cannot be provided, the party will be instructed to speak his/her name as 
described herein. Rather than speaking his/her name, the party can transmit input, of the form 

10 described herein, to the SN 250 or IP 290, to override the present system and enable a connection 
with the called telephone station without having to speak his/her name. The input can comprise a 
password or other suitable identification as known to those skilled in the art. The SN 250 or IP 
290 can receive this input and compare the input received to data stored within SN 250 or IP 290. 
The stored data can comprise passwords or other identification data as known to those skilled in 

15 the art and can be stored in a reference table as known to those skilled in the art. If the input 
received matches the data stored, the SN 250 or IP 290 can enable the party to be connected to 
called telephone station 222, without requiring the party to speak his/her name. 

The present embodiments provide an efficient and effective method and system for 
providing caller identification information to a customer when standard caller identification 

20 information is unavailable, incomplete, or blocked. 

It is to be understood that a wide range of changes and modifications to the 
embodiments described above will be apparent to those skilled in the art and are contemplated. 
It is therefore intended that the foregoing detailed description be regarded as illustrative rather 
than limiting, and that it be understood that it is the following claims, including all equivalents, 

25 that are intended to define the spirit and scope of the invention. 
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